


DSP Filter Primer 


a practical example of Digital Signal Processing 


By G. May, DL3ABQ 


Many people are put off using Digital Signal Processors (DSPs) by the thought 


of grappling with complex mathematical algorithms. In some situations a DSP 


offers the most cost-effective solution and in practice you don’t need to be 


Einstein to use them successfully. In this article we deal with a practical appli- 


cation and take a look at some of the background theory. 


Back in March 1998 we published a series of 
articles titled “Introduction to digital signal 
processing” which gave a good insight into 
the theory behind signal processing and used 
software routines running on a PC and its 
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sound card to process signals. This 
article takes a different slant. Here 
we take a proprietary DSP chip (just 
a special form of high-speed proces- 
sor using an instruction set that 


allows mathematical computations 
to be performed efficiently) and 
together with the author's filter 
design software we build a practical 
filter circuit. 


DSP Systems 


The layout of a typical DSP system 
is shown in Figure 1. An analogue 
input signal (e.g. music) is first 
passed through a signal condition- 
ing stage and then to a low-pass 
analogue anti-aliasing filter. Alias- 
ing is a form of distortion that 
occurs when the input signal to an 
ADC has frequency components 
that are higher than half the sam- 
pling rate (or ‘Nyquist frequency’) of 
the ADC. When these components 
are sampled they appear in the out- 
put signal mirrored about the 
Nyquist frequency. For example, a 
pure 9 kHz tone applied to the input 
of an ADC sampling at 16 kHz 
(Nyquist frequency = 8 kHz) would 
result in a 7 kHz tone after sam- 
pling. The filter is therefore neces- 
sary to attenuate all frequencies 
above the Nyquist frequency to 
avoid aliasing effects. 

The ADC produces a series of dig- 
ital samples that represent the ana- 
logue input signal. The DSP evalua- 
tion kit also allows an external digital 
signal to be connected directly to the 
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Figure |. A typical DSP system. 


input of the DSP The DSP can now 
process this signal according to your 
software routines, store and display 
it. The processed digital signal is 
now output as a raw digital signal 
where it can be used by another DSP 
for example, or converted back to 
analogue using a Digital to Analogue 
Converter (DAC). An analogue 
smoothing filter is next in the chain 
and this is necessary to smooth out 
voltage steps in the output signal 
from the DAC. The signal is now 
analogue and can be connected to 
the input of a conventional amplifier 
stage and loudspeaker. 

A chip called a Codec 
(Coder/Decoder) is designed for use 
with a DSP and contains most of this 
peripheral circuitry including the 
ADC and DAC converters and some- 
times the anti-aliasing and smooth- 
ing filters. 


DSP Starter Kits 


Most DSP chip manufacturers offer a 
starter kit for their product. These 
kits contain hardware including the 
DSP and peripheral circuitry 
mounted on a PCB together with a 
cable link to a PC. The software 
packages include an Assembler, 
Linker and Simulator and a code 
download program running on a PC. 
Many DSP application demonstra- 
tions are also included. These starter 
kits simplify the design process 
greatly and represent good value 
because their real cost is subsidised 
by the chip manufacturer in order to 
encourage wider uptake of their par- 
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ticular DSP If you plan to incorporate 
a DSP chip in a project then it’s 
worth remembering that the pack- 
age outline of some of the more 
high-performance DSP's is not con- 
ducive to hand soldering (e.g. the 
TOFP outline) or indeed not possible 
(the BGA outline). 

The most popular DSP manufac- 
turers are Texas Instruments, Analog 
Devices and Motorola. The main fea- 
tures of each of their offerings are 
given in Table 1. 
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output 


Which one’s best? 


With the range of starter kits available, you 

are faced with the decision of which DSP 

product to choose for your application. Here 
are some tips to keep in mind when making 
your choice: 

— A Floating-Point type of DSP is much sim- 
pler to use. You don’t need to worry about 
scaling, rounding errors or occurrences of 
underflows or overflows. 

— Check that all the necessary software is 
included in the starter kit; some products 


Table | Starter kit summary 




















Daughter Card 


A : Motorola 
TI C3X Starter Kit | TI 6711 Starter Kit | AD 21061 EZLITE DSP56303EVM 
Texas Instruments Texas Instruments Analog Devices Motorola 
Manufacturer és i 
(www.ti.com) (www.ti.com) (www.analog.com) (www.motorola.com) 
DSP TMS320C6711 1MS320031 ADSP-21061 DSP56303 
MIPS/MFLOPS 25/50 1200/600 40/150 EE (can ony be 
emulated in software) 
Rechengenauigkeit 32Bit Floating-Point 32Bit Floating-Point 32Bit Floating-Point 24Bit Fixed-Point 
RAM 64KB int. RAM 16MB ext. SDRAM IMB ext. SRAM 1,5MB ext. SRAM 
ROM 128kB ext. Flash IMB ext. EPROM 0,5MB ext. Flash 
Codec Mono, 20kHz, 14Bit Stereo, 48kHz, |6Bit Stereo, 48kHz, |6Bit Stereo, 48kHz, |6Bit 
Interfaces Analogue, Parallel Analogue, Parallel, JTAG, Analogue, Serial, Analogue, Seriell, JTAG 


Expansion Connector 





Bundled Software 


Assembler, Debugger 


Assembler, Debugger, 
C-Compiler (Code size 


Assembler, Debugger, 


Assembler, Debugger, 

















restricted to 256KB) C-Compiler C-compiler 
Mains unit (not included in 
Bundled Hardware Mains unit, Data cable the European version), 
data cable 
Price $99 $295 $179 $249 


Note: details subject to change. 
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require the purchase of additional software. 
—- Don’t put too much faith in the quoted 
speed in MIPS or MFLOPS (see abbrevia- 
tions table). Each DSP manufacturer uses a 
different method to calculate these figures 
and each will select certain routines that 
emphasise any efficiencies in their proces- 
sors instruction set and architecture. 
The memory capacity given in Table 1 is 
specified in bits. It is also important to note 
the instruction width in bits for each DSP. 


Practical applications 


One of the most common applications for dig- 
ital signal processing is signal filtering. All of 
the starter kit packs include at least one fil- 
ter implementation example. But before we 
attempt designing any we will take a brief 
look at the theory behind digital filters. 


Digital Filters 


Filters are found in many designs and can be 
used to extract a signal from a broad band of 
frequencies or remove unwanted frequency 
components from a signal. There are many 
different filter configurations, e.g. a low-pass 
filter will allow (or pass) all frequencies below 
a given cut-off frequency while attenuating 
(or stopping) all frequency components above 
this frequency. A Band pass filter would be 
useful in a system employing Frequency Divi- 
sion Multiplexing (FDM) where the receiving 
equipment needs to extract signal informa- 
tion from one carrier frequency while attenu- 
ating all adjacent carrier frequencies. 

Figure 2 shows the frequency response 
characteristic of a low-pass filter. The hori- 
zontal axis represents the signal frequency 
passing through the filter while the vertical 
axis shows the filter attenuation. 0 dB indi- 
cates that the filter does not attenuate the 
signal at all. An important property of any fil- 
ter is its cut-off frequency. This is the point at 
which the filter attenuation causes the out- 
put signal to fall to 3 dB less than the input 
signal. The characteristic shown here indi- 
cates that this low-pass filter has a cut-off fre- 
quency of approximately 9 KHz. 

The design of a typical radio receiver will 
use many filters; some are narrow-band to 
pick out one radio station while attenuating 
all other stations. Other filters (band-stop) 
will be used to attenuate or suppress a nar- 
row band of frequencies while allowing all 
other frequencies to pass. These filters are 
usually built with inductors, capacitors or 
ceramic resonators but they can also be 
implemented by a DSP with the filter charac- 
teristics programmed into software. In this 
case the DSP looks at the sampled values of 
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Figure 2. An FIR Filter frequency response. 


the input signal and works out what 
the output sample should be. There 
are two main categories of digital fil- 
ters: 


- FIRs (Finite Impulse Response) 
Here the impulse response of the 
filter is convolved with the input 
signal to produce the output sam- 
ples. The advantage of this type of 
filter is that the filter is guaranteed 
to be stable. This type allows 
phase-linear filters to be con- 
structed and this characteristic is 
very important when the filter is 
used in data communication paths. 


—IIRs (Infinite Impulse Response) 
also known as recursive filters. 
Each output sample is calculated 
by weighting the values of the 
input samples and adding them 
together. These filters have the 
advantage that far fewer values 


Abbreviations 


must be calculated so that these 
filters can be built with lower-spec 
DSP’s using less memory. Care 
must be taken to ensure the filter 
is stable and designing an IIR filter 
with a phase-linear response is 
much more difficult. 


Building a DSP filter 


The steps necessary to build a digital 
filter can be summarised as: 


— Decide on the filter characteristics 
that are important in the applica- 
tion. Use the filter characteristics 
in a filter design program to pro- 
duce the filter coefficients. 

— Enter the filter coefficients to pro- 
duce the DSP filter program code. 

— Convert the program to machine 
code. 

— Download the machine code to the 
target system. 


Codec Coder/Decoder 

DSP Digital Signal Processor. 

FIR Finite Impulse Response (non-recursive) Filter 
IIR Infinite Impulse Response (recursive) Filter 
MFLOPS Mega Floating Point Operations per Second. 
MIPS Mega Instructions per Second. 
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The first two steps can be accom- 
plished using a filter design pro- 
gram. The author has produced the 
“DSP Filter Design” program that 
runs in Windows on a PC. 

The program has a very simple [2] 
user interface shown in Figure 3. To 
design a filter, the user needs to 
enter the filter characteristics in the [3] 
top left window. The program will [4] 
calculate the corresponding filter 
coefficients and display them in the 
top right hand window. The bottom 
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The Digital Signal Processing Handbook; CRC Press 

Taylor, The Athena Group Inc., Mellot: 

Hands-on Digital Signal Processing; McGraw-Hill 

McClellan, Schafer, Yoder (1998): DSP First; Prentice Hall 

El-Sharkawy (1994): 

Signal Processing, Image Processing and Graphics Applications with Motorola’s 
DSP96002 Processor; Prentice Hall 


left hand window shows the filter [5] DSPs on the Internet, Elektor Electronics | 1/1997 
amplitude response while the phase [6] Introduction to digital signal processing, Elektor Electronics series started 1/1998 
characteristics (The phase shift [7] The Internet pages of Texas Instruments, Analog Devices and Motorola 


between the input and output sig- 
nal) are displayed in the bottom right 
hand window. The program will also 


generate the necessary program 
code directly from the filter coeffi- 
cients for the majority of the most 
popular DSPs so that the user needs 
no special programming skills here. 


E DSP-Filter-Design 
File Filter Windows Help 





The final two steps of compiling the 
machine code and downloading it 
are performed using the software 
supplied with the starter kit. 

A demo version of the DSP Filter 


Design program can be downloaded from the 
Free Downloads page on the Elektor Elec- 
tronics website at 
www-.elektor-electronics.co.uk. 
(011005-1) 
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Figure 3. The “DSP Filter Design” program user interface. 
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